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METHOD AND APPARATUS FOR 
IMPROVING THE TRANSMISSION 

QUALITY IN A PACKET-ORIENTED DATA 
TRANSMISSION NETWORK 

BACKGROUND OF THE INVENTION 

The present invention relates to a method for transmitting 
time-critical data in a packet-oriented data transmission 
netWork having a number of communications devices con 
nected to one another, and a communications equipment unit 
for carrying out the method. 

The present invention is concerned With a communica 
tions system having a number of spatially distributed com 
munications equipment units. The individual communica 
tions equipment units are connected to one another via a 
packet-oriented data transmission network, e. g., a local area 
netWork (LAN) and/or a Wide-area netWork (WAN). Fur 
thermore, the communications equipment units are con 
nected to a public communications netWork. Data is trans 
mitted over the data transmission netWork via of an 
asynchronous packet-oriented transmission protocol, such 
as the Internet Protocol (IP). 

Time-critical data, particularly voice data, to be transmit 
ted, inter alia, betWeen the communications equipment units, 
is transmitted over the data transmission netWork asynchro 
nously, for instance, after having been packaged into IP 
packets. The term frequently used to describe this procedure 
is “Voice Over IP”, also knoWn as VoIP. Individual sampled 
values of the signal to be transferred (i.e., voice data to be 
transferred) are packaged into What are referred to as 
“frames”. A number of frames are in turn packaged into a 
data packet and transferred over the data transmission net 
Work to the respective receiver (i.e., to the respective com 
munications equipment unit). 
Some of the knoWn packet-oriented data transmission 

netWorks, such as an IP-oriented netWork, cannot ensure the 
service quality Which is necessary for the transmission of 
time-critical data (i.e., “Quality of Service”, also knoWn as 
QoS). HoWever, When time-critical data, such as voice data, 
are transmitted, the effects of a number of QoS parameters, 
such as packet transit times, jitter, the packet throughput rate 
and packet loss rate, are of decisive importance for the 
transmission quality of the time-critical data. 

The knoWn standard H.323 of the International Telecom 
munication Union Telecommunication Standardization Sec 
tor (ITU-T) contains technical speci?cations for audio and 
video communication over packet-oriented data transmis 
sion netWorks Which do not provide de?nite service quality. 
The standard H.225.0, Which is associated With the standard 
H.323 of the ITU-T, speci?es, inter alia, mechanisms for 
packaging, synchroniZing and maintaining service quality. 
The service quality is maintained by taking into account the 
packet loss rate, Whereby bit errors Which can lead to a 
packet loss are also taken into account, and by taking into 
account the delays/transit times Within a link. The core 
mechanisms for achieving the service quality are alWays 
de?ned or effective in a transmitter device (i.e., from a 
communications equipment unit to the data transmission 
netWork). 

Within the standard H.323, the Real Time Protocol or 
Real Time Transfer Protocol (RTP) and the Real Time 
Control Protocol (RTCP) are de?ned. These protocols are 
used for real-time-critical transmission of data, such as audio 
and video data, over a packet-oriented data transmission 
netWork. In order to reduce a packet loss rate, overloading 
of the data transmission netWork is monitored via an RTCP 
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2 
component of the respective data packets, the transmission 
load being reduced if overloading occurs. Furthermore, 
disruptive echoes from one communications device to the 
data transmission netWork, Which arise as a result of a 
prolonged transit time of data packets, are eliminated via 
echo compensation. 

In the prior art, the folloWing measures for improving the 
quality of time-critical data to be transmitted, particularly 
voice data, are implemented in communications equipment 
units With an integrated H.323 functionality. According to 
the standard H.225.0, in order to reduce the packet loss rate, 
the packet transmission rate is reduced in the transmission 
direction if there is an overload of the data transmission 
netWork. This is done by increasing the number of frames 
per RTP packet. The control is performed via RTCP data. 
The packet rate is also reduced via What is referred to as 
“Silence Compression/Suppression” (i.e., by virtue of the 
fact that data is not transmitted over the data transmission 
netWork in a pause in speech). 

For echo compensation, an “echo canceler” is imple 
mented, for instance, in accordance With the standard G.l65 
of the ITU-T, for each link, it being possible to activate or 
deactivate the echo canceler according to requirements. 

In addition, in the event of a packet loss in a receiver 
device (i.e., from the data transmission netWork to the 
communications equipment unit), a noise packet (if appro 
priate even in attenuated form) is output. 
An object of the present invention is, therefore, to provide 

a method for transmitting time-critical data in a packet 
oriented data transmission netWork and a communications 
equipment unit for carrying out this method, the method and 
equipment unit optimiZing the quality of a link over the 
packet-oriented data transmission netWork. 

SUMMARY OF THE INVENTION 

In order to improve the quality of the data transmission of 
terminals connected to a packet-oriented data transmission 
netWork, in particular When time-critical data is transmitted 
betWeen communications equipment units, the present 
invention implements the procedure of echo compensation 
(echo control) With link-dependent functionality, Whereby 
the respective communications equipment unit carries out 
the echo compensation as a function of the respective link 
(i.e., as a function of Whether a link is made to a public 
communications netWork (in the POTS or ISDN system) or 
Within a packet-oriented data transmission netWork, such as 
over a LAN or over a WAN (e.g., the Intemet)). One 
advantage of the present invention is that the echo compen 
sation can thus be adapted to the requirements of the 
respective link. In addition, feWer expensive components 
have to be made available for echo compensation because to 
a certain extent, simpler components provide adequate echo 
compensation for speci?c links. 
A further procedure for improving the quality is that the 

frame rate, and thus also the packet transmission rate of the 
data packets to be transmitted, are reduced When the data 
transmission netWork is overloaded. When data packets are 
lost, the time-critical data to be transferred is reconstructed 
at the receive end. 

Methods for the tWo last-mentioned procedures (i.e., the 
reduction of the packet transmission rate by a transmitter 
device and the reconstruction of data in the event of a loss 
of data packets by the receiver) have already been proposed 
in the German patent application With the o?icial application 
number 100 06 245.8. 
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A further procedure for improving the quality of trans 
mission of time-critical data over a packet-oriented data 
transmission network is to transmit a number of successive 
sampled values (or frames) of the time-critical data to be 
transmitted in different data packets (frame interleaving). 
Thus, when data packets are lost, it is not necessary to 
reconstruct a plurality of successive sampled values. The 
distortions which arise as a result of the reconstruction of the 
lost data therefore occur to a lesser degree than when a 
number of successive sampled values are reconstructed. 
A reduction in the transmission load (i.e., a reduction in 

the data to be transmitted) is achieved by virtue of the fact 
that signaling data which is assigned to the data and which 
controls the transmission of data is compressed according to 
known methods. 

Furthermore, the time-critical data to be transmitted can 
be compressed via a transmitter device in accordance with 
compression methods and decompressed again via a receiver 
device in accordance with decompression methods which 
are particularly bit-error tolerant (e.g., MPEG-4). Advanta 
geous use is made of the fact that bit errors in the transmis 
sion of time-critical audio data, preferably voice data, do not 
necessarily lead to audible distortions. 

This procedure is particularly suitable for data transmis 
sion networks which are more susceptible to interference. 
Examples of these are “shared LANs,” in which a large 
number of terminals which are connected to the data trans 
mission network access the data transmission network, and 
“wireless LANs,” in which the data is transmitted over an air 
interface. 

The procedures described can be totally or partially 
integrated, according to requirements, into a packet-oriented 
data transmission network or into terminals which are con 
nected to the data transmission network, preferably in com 
munications equipment units with access to the packet 
oriented data transmission network. 
One advantage of implementing the procedures described 

is that the quality of transmission of time-critical data, 
preferably audio data, over a packet-oriented data transmis 
sion network is considerably improved. In addition, the use 
of more cost-effective components makes it possible to 
achieve a cost saving on the terminals connected to the data 
transmission network. 

In order to perform echo compensation as a function of a 
link between the respective terminals, it is possible to 
connect an adaptive ?lter or a damping element, which is 
signi?cantly simpler in structure than an adaptive ?lter. It is 
thus necessary, for instance, in the case of an audio link with 
an analog subscriber (in particular over a long link) to use a 
technically complex adaptive ?lter. However, if there is a 
link to a subscriber with a digital terminal, it has been found 
that often a simple damping element is adequate for echo 
compensation. 

Thus, less complex echo compensators (adaptive ?lters) 
have to be made available for a speci?c number of possible 
links in the telecommunications equipment unit according to 
the present invention than in the prior art because it is highly 
probable that simple damping elements will be adequate for 
some of the links. 
The planning of a required functionality within the scope 

of echo compensators can be carried out, for instance, with 
reference to the standards G.ll3 of the ITU-T or EIA/TIA 
TSB32-A. 

The reduction of the frame rate, and thus the reduction of 
the number of data packets to be transferred (i.e., a reduction 
in the packet transmission rate) is achieved by lowering the 
sample rate with which a signal to be transmitted, preferably 
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4 
an audio signal, is sampled. Furthermore, the packet trans 
mission rate can be reduced by converting the timing of the 
signal, preferably of an audio signal. In order to convert the 
timing of the signal, it is determined whether two successive 
time intervals of the signal have a largely similar amplitude 
pro?le. If so, the data (corresponding to the sampled values 
of the signal to be transmitted) of just one of these two time 
intervals is transmitted. The duration of the transmission of 
data is thus shortened from two time intervals to one time 
interval for the corresponding data. This method of conver 
sion is known as “time scale modi?cation,” described in 
“Time Scale Modi?cation of Speech Based on Short-Time 
Fourier Analysis” by M. R. Portnolf, IEEE Transactions on 
ASSP, July 1981, pages 374 to 390. When the audio signal 
is converted, its tone pitch is largely retained. 
The reduction of the number of sampled values and the 

reduction of the duration of the signal to be transmitted have 
to be correspondingly reversed again in a receiver device, 
preferably in a communications equipment unit receiving 
the data. 
When lost data is reconstructed in a receiver device, the 

conversion of the timing is also applied as described above. 
The difference is that a data packet which precedes the lost 
data packets and/or a data packet following the lost data 
packets is extended in terms of its timing in such a way that 
a gap brought about by the lost data packet or packets in the 
signal is closed or at least made smaller. 
The division of successive sampled values or frames is 

carried out according to one embodiment of the present 
invention in such a way that the frames are numbered 
consecutively and separated according to even and uneven 
numbering. The frames with even numbering are transferred 
over the data transmission network in ?rst data packets, and 
frames with uneven numbering are transferred over the data 
transmission network in second data packets. The data 
packets are identi?ed by whether they contain “even” or 
“uneven” frames. Thus, it is possible, for example, to use 
free bits in the header of a respective data packet, such as 
free bits in the header of RTP packets. Via the identi?cation, 
the frames can be assembled again in the correct sequence 
by a device which receives the data packets. 

According to a further embodiment of the present inven 
tion, signaling data is compressed by compressing the 
header data of a data packet (e.g., an RTP data packet), 
thereby resulting in a reduction in the data transmission rate. 

Additional features and advantages of the present inven 
tion are described in, and will be apparent from, the follow 
ing Detailed Description of the Invention and the FIGURE. 

BRIEF DESCRIPTION OF THE FIGURES 

FIG. 1 shows a schematic illustration of two intercon 
nected communications equipment units in accordance with 
the principles of the present invention. 

DETAILED DESCRIPTION OF THE 
INVENTION 

FIG. 1 shows a schematic illustration of a preferably 
private communications system, composed of two commu 
nications equipment units 1, 2 in accordance with the 
principles of the present invention. The two communications 
equipment units 1, 2 are connected to one another via a 
packet-oriented data transmission network LAN, WAN, 
whereby the data transmission network can be embodied as 
a LAN, such as within a building, or as a WAN, such as 
between two towns. In the case of a WAN, the data may be 
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transmitted over the Internet. In order to connect to the 
packet-oriented data transmission netWork LAN, WAN, the 
communications equipment units 1, 2 have correspondingly 
con?gured interfaces 1*2, 2i2. 

Furthermore, the communications equipment units 1, 2 
may be connected to a public communications netWork (not 
illustrated), data being transmitted betWeen a communica 
tions equipment unit 1, 2 and a communications equipment 
unit arranged in the public communications netWork either 
in a POTS (Plain Old Telephone Service) system or in an 
ISDN (Integrated Service Digital Network) system. 

Within the packet-oriented data transmission netWork 
LAN, WAN, time-critical data, preferably audio data (e.g., 
sampled values of a sampled voice signal) is transmitted in 
IP packets. Again, this procedure is knoWn as “Voice Over 
IP”, or VoIP for short. Transmission of audio data and video 
data over an IP-oriented netWork is de?ned in the Standard 
H.323 of the ITU-T. 

Terminals 1*16, 2*16 (e.g., conventional telephones or 
correspondingly con?gured data processing devices) Whose 
audio data is to be transmitted are connected to the com 
munications equipment units 1, 2 via a sWitching device 
1i1, 2*1. 
The communications equipment units 1, 2 contain a 

respective selection device 1*3, 2*3 for selecting a suitable 
echo compensator 1*4, 2*4 as a function of a link Which has 
been set up. Echo compensation is carried out from the 
respective communications equipment unit 1, 2 to the cor 
responding netWork (i.e., to the packet-oriented data trans 
mission netWork or to the public communications network). 

If a link is set up to an analog exchange in the public 
communications netWork (e.g., from terminal 1*16), the link 
is automatically detected by the selection device 1*3 and an 
adaptive ?lter is activated to perform echo compensation. 
HoWever, if terminal 1*16 sets up a link to terminal 2*16 
Within the communications system over the packet-oriented 
data transmission netWork, this link is also automatically 
detected by the selection device 1*3, and a damping element 
may be activated to perform echo compensation. 

Furthermore, the communications equipment units 1, 2 
each contain a reduction device. The reduction device serves 
to reduce the packet transmission rate for the packet-ori 
ented data transmission netWork and is implemented by 
reducing the sampling-rate With a sampling rate reduction 
device 1*5, 2*5 in a transmitter device. In a receiver device, 
the reduction of the sampling rate is reversed again via an 
inversely operating receiver-end sampling-rate reduction 
device 1*6, 2*6. 

The duration of the audio signal is reduced in a transmitter 
device via a duration reduction device 1*7, 2*7. In a receiver 
device, the reduction of the duration is reversed again via an 
inversely operating receiver-end duration reduction device 
1A8, 2%. 

Successive sampled values, to be transmitted, of a 
sampled audio signal for the transmission of data over the 
packet-oriented data transmission netWork are allocated to 
different data packets (RTP packets) via an allocation device 
1*9, 2*9 implemented in the respective communications 
equipment units 1, 2. Frames Which are numbered as “even” 
and “uneven” are allocated to different data packets. The 
frames Which are interleaved in this Way are assembled 
again into their original sequence by an allocation device 
1*10, 2*10 in a receiver device. 

In addition, signaling data (e.g., the data of an RTP 
header) is compressed in the data packets to be transmitted, 
via a signaling compression device 1*11, 2*11. The decom 
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6 
pression of this data is carried out in a receiver device via a 
corresponding signaling decompression device 1*12, 2*12. 
Audio data can also be compressed With suitable Codec 

methods (e.g., MPEG-4) for data transmission. The com 
pression is carried out in a transmitter device via an audio 
compression device 1*13, 2*13. The decompression is car 
ried out in a receiver device of an audio decompression 
device 1*14, 2*14. 

In order to compensate packet losses, a reconstruction 
device 1*15, 2*15 is provided in a receiver device. When a 
data packet is lost, the reconstruction device 1*15, 2*15 
outputs the data packet Which precedes the lost data packet 
and/or folloWs the lost data packet repeatedly to the receiver 
(i.e., to the corresponding terminal 1*16, 2*16 connected to 
the communications equipment unit 1, 2). 

Although the present invention has been described With 
reference to speci?c embodiments, those of skill in the art 
Will recogniZe that changes may be made thereto Without 
departing from the spirit and scope of the invention as set 
forth in the hereafter appended claims. 

The invention claimed is: 
1. A method for transmitting time-critical data over a 

packet-oriented data transmission netWork, the method com 
prising the steps of: 

providing, as part of the netWork, a plurality of commu 
nications devices connected to one another; 

connecting a plurality of terminals to the communications 
devices; 

selecting an echo compensator as a function of a type of 
link betWeen the terminals; 

transmitting sampled values of the time-critical data to be 
transferred over the data transmission netWork in data 
packets; 

reducing a packet transmission rate of the data packets to 
be transferred When the data transmission netWork is 
overloaded; 

reconstructing, in a receiver device, received time-critical 
data, in the event of a loss of data packets; and 

compressing and decompressing signaling data and time 
critical data using bit-error-tolerant Codec methods for 
voice data transmission. 

2. A method of data transmission as claimed in claim 1, 
the method further comprising the step of selecting, in order 
to perform echo compensation, one of an echo compensator 
With adaptive ?lters and an echo compensator With damping 
elements, depending on the type of link. 

3. A method of data transmission as claimed in claim 1, 
Wherein the step of reducing the packet transmission rate is 
achieved by reducing a sampling rate for sampling the 
time-critical data. 

4. A method of data transmission as claimed in claim 1, 
Wherein the step of reducing the packet transmission rate is 
achieved by reducing a duration of the time-critical data 
While substantially maintaining a tone pitch. 

5. A method of data transmission as claimed in claim 1, 
Wherein the step of reconstructing the received time-critical 
data is achieved as a result of the data packet Which precedes 
or folloWs a lost data packet is output again by the receiver. 

6. A method of data transmission as claimed in claim 1, 
Wherein signaling data is the data in a packet header of the 
data packets. 

7. A method of data transmission as claimed in claim 1, 
Wherein the time-critical data is audio data. 

8. A communications equipment unit for connecting a 
plurality of terminals to a communications netWork, the 
communications equipment unit comprising: 
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an interface to a packet-oriented data transmission net 
work, Wherein sampled values of time-critical data to 
be transferred are transmitted over the data transmis 
sion network in data packets; 

a selection device for selecting an echo compensator as a 
function of a link betWeen the terminals; 

a reduction device for reducing a packet transmission rate 
of the data packets to be transferred, When the data 
transmission netWork is overloaded; 

a reconstruction device for reconstructing, in the event of 
a loss of data packets, time-critical data to be received; 

a signaling compression device and a signaling decom 
pression device for respectively compressing and 
decompressing signaling data; and 

a data compression device and a data decompression 
device for respectively compressing and decompress 

5 

8 
ing the time-critical data via bit-error-tolerant Codec 
methods for voice data transmission. 

9. A communications equipment unit as claimed in claim 
8, Wherein the reduction device reduces a sampling rate 
When the time-critical data is sampled. 

10. A communications equipment unit as claimed in claim 
8, Wherein the reduction device reduces a duration of the 
time-critical data While substantially maintaining a tone 

10 pitch of the time-critical data. 

11. A communications equipment unit as claimed in claim 
8, Wherein the time-critical data is audio data. 


